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1
ARRAY SPEAKER SYSTEM

TECHNICAL FIELD

This invention relates to array speaker systems in which
plural speaker units are arranged in an array.

BACKGROUND ART

Conventionally, technologies for controlling audio signal
beams (1.e., sound waves converted 1nto beams having direc-
tivities) by use of array speakers, in which plural speaker units
are regularly arranged, are known. For example, Japanese
Unexamined Patent Application Publication  No.
HO03-159500 and Japanese Unexamined Patent Application
Publication No. 563-9300 disclose technologies regarding
array speaker systems.

A control method for sound directivity 1n an array speaker
will be described with reference to FIG. 7.

In FIG. 7, reference numerals sp-1 to sp-n designate
speaker units that are linearly arranged with prescribed dis-
tances therebetween. In the case of generation of an audio
signal beam emitted towards a focal point X, a circleY whose
radius matches a distance L from the focal point X 1s drawn,
and delay times (=L1/speed of sound (340 m/s)) are calculated
in response to distances L1 between the speaker units sp-i
(where 1=1, . . . , n) and the ntersection points, at which the
circleY intersects line segments interconnecting between the
tocal point X and the speaker units sp-1 to sp-n respectively,
and wherein they are applied to 1input signals of the speaker
units sp-1. Thus, 1t 1s possible to control the sound directivity
of the array speaker in such a way that audio signal beams
respectively emitted from the plural speaker units sp-1 to sp-n
reach the focal point X at the same time.

FIG. 8 1s an illustration showing an example of the rela-
tionship between the focal point and sound directivity, and 1t
shows a contour distribution of sound pressure energy with
respect to a single frequency signal when plural speaker units
are arrayed 1n an X-axis direction about the zero-centimeter-
position of the X-axis. As shown 1n FIG. 8, 1t 1s possible to
produce an 1ntense sound directivity in a direction towards a
focal point designated by a symbol “x .

As an application of this technology, there i1s provided a
technology 1n which different sound directivities are imparted
to different content so as to realize hearing of different con-
tent 1n the left and right of a room respectively. This technol-
ogy 1s disclosed 1n Japanese Unexamined Patent Application

Publication No. H11-27604, for example.

In general, audio signals have a wide range of frequency
components within audio frequencies ranging from 20 Hz to
20 kHz. Such a frequency range matches a range of wave-
lengths ranging from 17 m to 1.7 cm. In the practical form of
an array speaker, the sound directivity control 1s performed 1n
such a way that audio signal beams emitted from plural
speaker units may reach a specific focal point with the same
phase. This indicates that at the focal point, audio signal
beams converge at the same phase 1rrespective of frequencies
ol audio signals; hence, audio signal beams may be empha-
s1zed. In contrast, audio signal beams may converge substan-
tially at the same phase at different positions outside of the
tocal point because of different wavelengths, which differ in
response to Ifrequencies thereol. That 1s, there occurs a phe-
nomenon 1n which sound directivity differs 1n response to
frequency.

FIG. 9 shows a simulation result with regard to sound
directivity for a single frequency signal of 1 kHz; and FIG. 10
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2

shows a simulation result with regard to sound directivity for
a single frequency signal of 2 kHz. The same focal point 1s set

in FIGS. 9 and 10.

In comparison between FIG. 9 and FIG. 10, it 1s obvious
that when similar sound directivity control 1s performed with
respect to a prescribed focal point, the sound directivity
becomes mtense (so as to form a sharp contour distribution of
sound pressure energy) as frequencies become higher.

The aforementioned differences of sound directivity 1ndi-
cate that at any position outside of the focal point, source
audio signals become out of balance 1n frequencies. At a
position distant from the focal point, 1t 1s possible to realize
hearing of low-frequency sound to some extent; however,
hearing of high-frequency sound may be rapidly damped.
Essentially, sound directivity control increases sound pres-
sure energy at the focal point but decreases sound pressure
energy at the other positions. In the practical form of an
application, 1t 1s necessary for sweet spots allowing audio
signals to be appreciated with a certain level to have appro-
priate areas. For this reason, 1t 1s preferable that a similar
sound directivity distribution be applied to both of the high-
frequency sound and low-Ifrequency sound to some extent.

This invention 1s made 1n consideration of the aforemen-
tioned circumstances; hence, 1t 1s an object of the invention to
provide an array speaker system having good sound directiv-

ity.

DISCLOSURE OF THE INVENTION

In an array speaker system of this invention, prescribed
time differences are imparted to plural speaker units, which
are arranged 1n an array, so as to perform directivity control on
audio signal beams, wherein a relatively large weight 1s
imparted to the speaker unit arranged in the center of the array
speaker, while relatively small weights are imparted to other
speaker units arrayed at the periphery of the array speaker. In
addition, differences of weight coetlicients between the cen-
ter speaker unit and the peripheral speaker units 1n the array
speaker are set 1n such a way that differences of weight
coellicients applied to low-frequency components of 1nput
audio signals are smaller than differences of weight coetli-
cients applied to high-frequency components of input audio
signals.

With respect to high-frequency components of mnput audio
signals, a relatively large weight 1s imparted to the center
speaker unit 1n the array speaker, while relatively small
welghts are imparted to the peripheral speaker units. With
respect to low-frequency components, the same weight 1s
applied to both the center speaker unit and all of the peripheral
speaker units 1n the array speaker.

Furthermore, input audio signals are divided into three
frequency bands, 1.¢., a low-Irequency band, an intermediate-
frequency band, and a high-frequency band, wherein with
respect to the high-frequency band, a relatively large weight
1s 1imparted to the center speaker unit 1n the array speaker,
while relatively small weights are imparted to the peripheral
speaker units. With respect to the intermediate-frequency
band, differences of weights respectively imparted to the
center speaker unmit and the peripheral speaker units are
reduced compared with differences of weights respectively
imparted to them with respect to the high-frequency band;
alternatively, the same weight 1s imparted to all of them. With
respect to the low-frequency band, no time difference 1s
applied to all the speaker units, so that the same weight 1s
imparted to both the center speaker unit and all of the periph-
eral speaker units 1n the array speaker.
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This reduces differences of outlines of sound directivity
distributions between high-frequency components and low-
frequency components of mput audio signals.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram showing the constitution of a
control circuit for an array speaker system in accordance with
a first embodiment of this invention.

FIG. 2A 1s a graph showing a window function (i.e., a
Hamming window) applied to high-frequency components of
input audio signals.

FI1G. 2B is a graph showing a window function applied to
low-1Irequency components of mput audio signals.

FIG. 3 1s a block diagram showing the constitution of a
control circuit for an array speaker in accordance with a
second embodiment of this invention.

FIG. 4 1s a block diagram showing essential parts of a
control circuit of an array speaker introducing a window
function.

FIG. 5 1s a graph showing a simulation result regarding a
sound directivity distribution for a frequency signal of 1 kHz
with the introduction of a window function.

FIG. 6 1s a graph showing a simulation result regarding a
sound directivity distribution for a frequency signal ol 1 kHz
with the introduction of a window function.

FI1G. 7 1s an 1llustration for explaining a sound directivity
control 1n an array speaker system.

FIG. 8 1s a graph showing an example of a sound directivity
distribution with respect to sound emitted from an array
speaker.

FIG. 9 1s a graph showing a simulation result regarding a
sound directivity distribution for a sound based on a ire-
quency signal of 1 kHz.

FIG. 10 1s a graph showing a simulation result regarding a
sound directivity distribution for a sound based on a fre-
quency signal of 2 kHz.

BEST MODE FOR CARRYING OUT TH.
INVENTION

L1

This mvention will be described 1n detail by way of pre-
terred embodiments with reference to the accompanied draw-
ngs.

First, window functions for use in array speaker systems
according to this invention will be described with reference to
FIGS. 4 to 6; then, embodiments of this invention will be
described.

It can be understood in view of the sound directivity dis-
tributions of array speakers shown in FIGS. 9 and 10 that
contours of sound pressure energy may ripple in a comb-like
manner at certain positions not lying at a position of primary
direction. In order to correct irregular outlines of sound direc-
tivity distributions, it 1s necessary to introduce window func-
tions (excluding rectangular windows) 1n response to posi-
tions of speaker units. Such window functions are used for
extracting certain ranges of time-related functions such as the
Fourier transform with prescribed weights therefor, wherein
it 1s possible to use the Hamming window and Hanming win-
dow for easing the Gibbs phenomenon. That 1s, within plural
speaker units forming an array speaker, a weight (or a gain)
applied to a center speaker unit 1s increased, while weights
applied to speaker units at side-end positions are decreased.,
thus correcting the outline of a sound directivity distribution.

FIG. 4 1s a block diagram showing essential parts 1n the
constitution of a control circuit of an array speaker introduc-
ing a window function. This control circuit performs delay
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4

processing, multiplication, and addition by way of digital
processing; however, D/A converts and A/D converters there-
for are not 1llustrated. In addition, other control circuit ele-
ments such as a microcomputer for performing calculation
and setup of delay times for the purpose of sound directivity
control are not illustrated.

In FIG. 4, reference numerals 41-» and 41-n+1 designate
n-numbered and (n+1)-numbered speaker units within an
array speaker. An input audio signal applied to the control
circuit 1s supplied to the delay circuit 42, in which it 1s then
output at taps realizing delay times that are imparted to the
speaker units in conformity with desired sound directivities
(1.e., Tocal point positions of audio signal beams). The delay
circuit 42 outputs audio signals having delay times corre-
sponding to the speaker units to multipliers 43-z and 43-n+1,
in which the audio signals are multiplied by prescribed coet-
ficients realizing a window function; then, they are amplified
in amplifiers 44-» and 44-n+1; therealter, they are supplied to
the speaker units 44-1 and 44-r+1. That 1s, the speaker units
emit audio signal beams, all of whichreach a single point(i.e.,
a certain focal point) within a prescribed space with the same
phase; thus, 1t 1s possible to realize a desired sound directivity.

FIGS. 5 and 6 are graphs showing sound directivity distri-
butions that are formed upon the itroduction of the afore-
mentioned window function. Similarly to FIG. 9, FIG. 5
shows a sound directivity distribution that 1s formed when a
window function 1s applied to a frequency signal of 1 kHz.
Similar to FIG. 10, FIG. 6 shows a sound directivity distribu-
tion that 1s formed when a window function 1s applied to a
frequency signal of 2 kHz. As the window function, the
present embodiment adopts the aforementioned Hamming
window.

It 1s obvious upon the comparison between FIGS. 9 and 5
and upon the comparison between FIGS. 10 and 6 that the
outlines of the sound directivity distributions become entirely
smooth upon the introduction of the window function,
wherein sound 1s broadened 1n distribution with respect to a
main directivity; and the outlines of contour wavetforms of
sound pressure energy can be freed from 1rregularity.

In order to broaden a sweet spot at a listening position, 1t 1s
necessary to apply a prescribed weight to a designated outline
of the sound directivity distribution (or a designated width of
the sound directivity distribution) lying 1in the main directivity
compared with the overall outline of the sound directivity
distribution. In consideration of the simulation results regard-
ing the sound directivity distributions shown in FIGS. 9 and
10 and shown 1n FIGS. 5 and 6, 1t 1s possible to produce a
sound directivity distribution, which 1s formed by overlap-
ping the graphs of FIGS. 9 and 6 together, by way of the
selection of similar outlines of sound directivity distributions
lying in the main directivity with respect to the frequency
signals of 1 kHz and 2 kHz. That 1s, no window function 1s
applied to the sound directivity distribution for the frequency
signal of 1 kHz, but a window function 1s applied to the sound
directivity distribution for the frequency signal of 2 kHz; thus,
it 1s possible to realize more 1deal outlines of sound directivity
distributions compared with aforementioned outlines of
sound directivity distributions that are formed by eflecting
the same digital processing on all frequency signals.

As described above, by controlling the application of win-
dow functions with respect to frequency signals, 1t 1s possible
to realize substantially flat audio frequency characteristics
with broad sweet spots.

That 1s, the array speaker system of this invention 1s
designed such that applied window functions have different
characteristics in response to frequency bands respectively;
specifically, moderate window functions (realizing small dif-
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ferences between the weight imparted to the center speaker
unit and the weights imparted to the peripheral speaker units
in an array speaker) are applied to low Irequencies, thus
broadening a sweet spot with substantially flat frequency
characteristics; hence, 1t 1s possible to produce a preferred
sound directivity distribution.

Next, embodiments of array speaker systems, which are
designed based on the aforementioned knowledge, will be
described.

FIG. 1 1s a block diagram showing essential parts of an
array speaker system in accordance with a first embodiment
of this mvention. In the first embodiment, audio signals are
divided 1nto two frequency bands, 1.e., high-frequency com-
ponents and low-frequency components, so that window
functions having different characteristics are applied to these
frequency bands respectively. Similar to FIG. 4, FIG. 1 does
not include 1llustrations of the A/D converter, D/A converters,
or control circuit.

FIG. 1 shows only the circuits regarding n-numbered and
(n+1)-numbered speaker units, designated by reference
numerals 1-» and 1-n+1 respectively, included 1n an array
speaker system; of course, the other speaker units can be
realized using a similar circuit constitution. In FIG. 1, refer-
ence numeral 2 designates a low-pass filter (LPF) for extract-
ing low-frequency components of mput audio signals; and
reference numeral 5 designates a high-pass filter (HPF) for
extracting high-frequency components. Due to the provision
of the filters 5 and 6, mput audio signals corresponding to
sources are divided into two frequency bands, 1.e., low-1re-
quency components and high-frequency components.

Low-Irequency components of mput audio signals trans-
mitted through the LPF 2 are supplied to a delay circuit 3
having plural taps; and delay signals are extracted from the
taps for imparting delay times suited to sound directivities
(1.e., directivities of audio signal beams) to be applied to the
speaker units respectively and are then supplied to multipliers
4-n and 4-n+1 arranged in connection with the speaker units
1-n and 1-n+1 respectively, whereby they are multiplied by
prescribed coelficients realizing a window function L applied
to low-Trequency components.

High-frequency components of input audio signals trans-
mitted through the HPF 5 are supplied to a delay circuit 6
having plural taps; and delay signals are extracted from the
taps for imparting delay times suited to sound directivities to
be applied to the speaker units respectively and are then
supplied to multipliers 7-» and 7-n+1 arranged in connection
with the speaker units 1-» and 1-n+1 respectively, wherein
they are multiplied by prescribed coellicients realizing a win-
dow function H applied to high-frequency components.
Herein, the same delay time 1s set with respect to each of the
speaker units; hence, the delay circuits 3 and 6 are setup in a
similar manner.

Low-1requency signals output from the multipliers 4-» and
4-rn+1 and high-frequency signals output {from the multipliers
7-n and 7-n+1 are respectively added together 1n adders 8-
and 8-r+1 arranged in connection with the speaker units 1-7
and 1-r+1; then, addition signals are respectively amplified 1in
amplifiers 9-» and 9-n+1; thereafter, they are supplied to the
speaker units 1-»z and 1-n+1.

A Hamming window function (i.e., an intense window
function) 1s directly adapted as the window function H for
high-frequency components. As the window function L for
low-Irequency components, it 1s possible to use a certain
window function realizing small differences between weight
coellicients applied to the center speaker unit and weight
coellicients applied to the peripheral speaker units 1n an array
speaker (or realizing a moderate sound directivity distribu-
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6

tion); alternatively, no window function 1s used (that 1s, the
same weight coellicient “1” 1s set up with respect to all the
speaker units).

Thus, 1t 1s possible to ease the concentration of sound
pressure energy in terms of the sound directivity for high-
frequency components; hence, the outline of the sound direc-
tivity distribution for high-frequency components can be
made similar to the outline of the sound directivity distribu-
tion for low-frequency components. As a result, 1t 1s possible
to broaden a sweet spot realizing sound reproduction with
substantially flat frequency characteristics.

FIGS. 2A and 2B are graphs diagrammatically showing the
window function H for high-frequency components and the
window function L for low-frequency components. That 1s,
FIG. 2A shows an example of the window function H for
high-frequency components, which indicates a Hamming
window. This shows the window function adapted to an array
speaker constituted by eight speaker unmits designated by rei-
cerence numerals 1-1 to 1-8, wherein weight coelfficients
applied to these speaker units are set to 0.0800, 0.2332,
0.6424, 0.9544, 0.9544, 0.6424, 0.2532, and 0.0800.

FIG. 2B shows an example of the window function L for
low-frequency components, wherein an offset 1s applied to
the atorementioned Hamming window, thus reducing difier-
ences between the weight coetlicient applied to the center
speaker unit and the weight coelficients applied to the periph-
eral speaker units 1n an array speaker. The maximum value of
the weight coellicients 1s set to “1”. Herein, the offset 1s set to
0.5; hence, weight coellicients applied to the eight speaker
units 1-1 to 1-8 are set to 0.5800, 0.7532, 1, 1, 1, 1, 0.7532,
and 0.5800 respectively.

Incidentally, the moderate window function L applied to
low-Irequency components 1s not necessarily limited to the
alorementioned example; hence, 1t 1s possible to use ones
created by various methods.

For example, upon the extraction of the square root of a

Hamming window, weight coetficients applied to the speaker
units 1-1 to 1-8 may be set to 0.5800, 0.7532, 1, 1, 1, 1,

0.7332, and 0.5800 respectively.

Alternatively, upon the calculation of the average between
a Hamming window value and *“17, weight coellicients
applied to the speaker units 1-1 to 1-8 may be set to 0.5400,
0.6266, 0.8212,0.9772,0.9772, 0.8212, 0.6266, and 0.5400
respectively.

By use of the atforementioned simple methods, 1t 1s possible
to reduce differences formed between the weight applied to
the center speaker unit and the weights applied to the periph-
cral speaker units in an array speaker; thus, 1t 1s possible to
realize an intermediate sound directivity distribution lying
between the sound directivity distribution shown 1n FI1G. 10
(1.e., no window function involved) and the sound directivity
distribution shown 1n FIG. 6 (1.e., a Hamming window func-
tion applied).

The first embodiment 1s designed to divide input audio
signals into two frequency bands, 1.e., low-frequency compo-
nents and high-frequency components, by way of the LPF 2
and the HPF 3. This invention 1s not necessarily limited to the
constitution of the first embodiment; hence, 1t 1s possible to
divide mput audio signals 1nto three or more frequency bands
by further using a band-pass filter (BPF) and the like, wherein
weilghts are imparted to respective frequency signals by use of
different window functions.

The first embodiment 1s designed to use a Hamming win-
dow as the window function; of course, 1t 1s possible to use
other window functions such as a Hanning window.

Realistically, 1t 1s difficult to perform sound directivity
control 1n the low-1requency band whose frequency is several

-
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hundreds of hertz or less within the frequency bands of input
audio signals due to the relationship between the size of the
speaker and the wavelength. For this reason, i1t 1s preferable to
perform gain adjustment realizing a good balance of sound
pressure energy at a sweet spot by not subjecting signal com-
ponents of the low-Irequency band, which are separated from
audio signals, to sound directivity control or by subjecting
them to non-directivity.

FIG. 3 1s a block diagram showing essential parts of a
control circuit of an array speaker system 1n accordance with
a second embodiment of this invention, wherein the low-
frequency band whose frequency 1s several hundreds of hertz
or less 1s subjected to non-directivity. Similarly to FIG. 1
showing the first embodiment, FIG. 3 shows only the circuit
constitution regarding two speaker units 11-» and 11-z+1 1n
the second embodiment.

In FIG. 3, reference numeral 12 designates an LPF whose
cutoll frequency is set to several hundreds of hertz; and ret-
erence numerals 13-z and 13-z+1 designate multipliers that
impart gains to low-frequency components of signals whose
frequencies are several hundreds of hertz or less and which
transmit through the LPF 12 in correspondence with the
speaker units 11-z and 11-z+1. These gains are determined 1n
consideration of balances with other frequency bands of sig-
nals. Reference numeral 14 designates a BPF for transmitting,
signals of the intermediate frequency band (which ranges
from several hundreds of hertz to one thousand and several
hundreds of hertz, for example) therethrough; reference
numeral 15 designates a delay circuit that applies delay times
to 1ntermediate-frequency components of signals 1 accor-
dance with sound directivities (1.e., directivities of audio sig-
nal beams), which are to be realized by the speaker units
respectively; and reference numerals 16-z and 16-2+1 desig-
nate multipliers for imparting weights to intermediate-ire-
quency components of signals, to which different delay times
are applied by the delay circuit 15, 1n accordance with the
moderate window function L. Furthermore, reference
numeral 17 designates an HPF for transmitting high-fre-
quency components of signals therethrough; reference
numeral 18 designates a delay circuit that 1s constituted simi-
larly to the delay circuit 15; and reference numerals 19-z an
19-n+1 designate multipliers that impart weights to high-
frequency components of signals, to which different delay
times are applied by the delay circuit 18, in accordance with
the window function H. Incidentally, 1t 1s possible not to adopt
the window function by setting all the weights, imparted to
intermediate-irequency components of signals, to “17.

Output signals of the multipliers 13-», 16-x, and 19-» are
added together 1n an adder 20-7, an output of which 1s ampli-
fied by an amplifier 21-» and 1s then supplied to the speaker
unit 11-». Similarly, output signals of the multipliers 13-r+1,
16-n+1, and 19-n+1 are added together 1n an adder 20-z+1, an
output of which 1s amplified by an amplifier 21-»+1 and 1s
then supplied to the speaker unit 11-72+1.

As described above, the second embodiment 1s designed
such that low-frequency components of signals whose ire-
quencies are several hundreds of hertz or less and which are
extracted by the LPF 12 are not subjected to delay processing
for controlling sound directivities (1.e., directivities of audio
signal beams) but are simply subjected to gain adjustment and
are then supplied to the corresponding speaker units.

In the aforementioned second embodiment, 1t 1s possible to
broaden sweet spots with a good balance of sound pressure
energy 1n a wide range of frequencies ranging from low
frequencies to high frequencies.

The aforementioned embodiments are described with
respect to a one-dimensional array speaker in which plural
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speaker units are arrayed 1in a single line. Similarly, this inven-
tion can be applied to a two-dimensional array speaker in
which plural speaker units are arrayed 1n a matrix. In this case,
it 1s divided 1nto one-dimensional arrays 1n terms of the row
direction and column direction so as to realize controlling of
sound directivity distributions, wherein values multiplied
with weight coelficients 1n one-dimensional arrays are set as
weights to be imparted to speaker units.

As described heretofore, an array speaker system of this
invention 1s designed such that sound wave signals emaitted
from speaker units are divided into plural frequency bands,
wherein an intense window function 1s applied to the high-
frequency band, while a moderate window function is applied
to the low-1requency band (alternatively, no window function
1s applied to the low-frequency band). Thus, it 1s possible to
realize similar outlines of sound directivity distributions over
a relatively wide range of frequency bands; hence, it 15 pos-
sible to broaden sweet spots, which allow optimal sound
quality to be appreciated, without disturbing balances of fre-
quency characteristics of source audio signals.

Incidentally, this invention 1s not necessarily limited to the
aforementioned embodiments; hence, this i1nvention
embraces modifications within the scope of the invention
defined by the appended claims.

The invention claimed 1s:

1. An array speaker system comprising:

an array speaker having a plurality of speaker units
arranged 1n an array, including at least one center
speaker unit and a plurality of peripheral speaker units,
for emitting audio signal beams with predetermined
time differences therebetween so as to control sound
directivity; and

a control circuit that imparts a first weight to the center
speaker unit with respect to high-frequency signal com-
ponents of input audio signals, and second weights to the
peripheral speaker units in the array speaker with respect
to the high-frequency signal components of the input
audio signals,

wherein the first weight 1s relatively higher than the second
welghts,

wherein the control circuit imparts a third weight to the
center speaker umit with respect to low-frequency signal
components of the mput audio signals, and imparts
fourth weights to the peripheral speaker units with
respect to the low-frequency signal components of the
input audio signals, and

wherein differences between the third and fourth weights,
which are imparted to the center speaker unit and the
peripheral speaker units with respect to the low-ire-
quency signal components, are relatively smaller than
the differences between the first and second weights,
which are imparted to the center speaker unit and the
peripheral speaker units with respect to the high-ire-
quency signal components.

2. An array speaker system comprising:

an array speaker having a plurality of speaker units
arranged 1n an array, mcluding a plurality of center
speaker units and a plurality of peripheral speaker units,
for emitting audio signal beams with predetermined
time differences therebetween so as to control sound
directivity,

a control circuit that imparts first weights to the center
speaker unit with respect to high-frequency signal com-
ponents of input audio signals, and second weights to the
peripheral speaker units with respect to the high-fre-
quency signal components of the input audio signals,
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wherein the first weights are relatively larger than the sec-

ond weights, and

wherein the control circuit imparts, with respect to low-

frequency signal components of the input audio signals,

a same weight to all of the center speaker units and all of 5

the peripheral speaker units 1n the array speaker.

3. An array speaker system comprising:
an array speaker having a plurality of speaker units

arranged 1n an array, mcluding a plurality of center
speaker units and a plurality of peripheral speaker units,
for emitting audio signal beams with predetermined
time differences therebetween so as to control sound
directivity;

a circuit that divides the mput audio signals into three

frequency bands, including low-ifrequency signal com-
ponents, intermediate-frequency signal components,
and high-frequency signal components; and

a control circuit that imparts first weights to the center

speaker units with respect to the high-frequency signal
components ol input audio signals, and second weights
to the peripheral speaker units 1n the array speaker with
respect to the high-frequency signal components of the
input audio signals,

wherein the first weights are relatively larger than the sec-

ond weights,
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wherein the control circuit imparts third weights to the

center speaker units with respect to the intermediate-
frequency signal components of the input audio signals,
and fourth weights to the peripheral speaker units with
respect to the intermediate-frequency signal compo-
nents of the mput audio signals,

wherein differences between the third and fourth weights,

which are imparted to the center speaker units and the
peripheral speaker units with respect to the intermedi-
ate-Irequency signal components, are relatively smaller
than the differences between the first and second
weilghts, which are imparted to the center speaker units
and the peripheral speaker units with respect to the high-
frequency signal components, and

wherein the control circuit imparts, with respect to low-

frequency signal components of the input audio signals,
a same weight to all the center speaker units and the
peripheral speaker units in the array speaker without
applying the time differences to the speaker units.

4. The array speaker system according to claim 1, wherein
the third and fourth weights are the same.

5. The array speaker system according to claim 3, wherein
the third and fourth weights are the same.
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